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[Name of Document] Scope of patent claims 

1. An audio output apparatus cliaracterized by comprising: 

a measuring module which measures a plurality of levels of sound 
signals inputted; 

a sound level adjusting module which adjusts gains based on the 
levels measured at the measuring module and outputs a plurality of the sound 
signals in equal magnitudes; and 

an array speaker unit which emits a plurality of sounds in 
accordance with the plurality of the sound signals outputted from the sound 
level adjusting module in different directivities individually. 

2. An audio output apparatus characterized by comprising: 

a measuring module which measures a plurality of levels of sound 
signals inputted; 

a sound level adjusting module which adjusts gains based on the 
levels measured at the measuring module and outputs a plurality of sound 
signals so that a level difference between at least two sound signals specified 
by a viewer is made constant among the plurality of the sound signals; and 

an array speaker unit which emits a plurality of sounds in 
accordance with the plurality of the sound signals outputted from the sound 
level adjusting module in different directivities individually. 

3. An audio output apparatus characterized by comprising: 

a measuring module which measures a plurality of levels of sound 
signals inputted; 

a compression module which compresses a plurality of dynamic 
ranges of the sound signals to a predetermined value or below based on the 
levels measured at the measuring module and outputs a plurality of sound 
signals after the dynamic ranges are compressed; and 

an array speaker unit which emits a plurality of sounds in 
accordance with the plurality of the sound signals outputted from the 
compression module in different directivities individually. 

4. An audio output apparatus characterized by comprising: 

a frequency control module which limits or emphasizes a plurality of 
frequency bands of sound signals inputted; and 

an array speaker unit which emits a plurality of sounds in 
accordance with the plurality of the sound signals outputted from the 
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frequency control module in different directivities individually. 

5. The audio output apparatus according to claim 1, characterized in 

that: 

the measuring module separates the plurality of the sound signals 
into a plurality of frequency bands to measure levels, and 

the sound level adjusting module assigns weights on the measured 
levels of the individual frequency bands with a preset weight for each of the 
frequency bands to adjust gains based on the weighted levels of the 
individual frequency bands, and outputs the plurality of the sound signals in 
equal magnitudes. 

6. The audio output apparatus according to claim 1, characterized in 

that: 

the measuring module separates the plurality of the sound signals 
into a plurality of frequency bands to measure levels, and 

the sound level adjusting module adjusts and outputs gains so that 
the plurality of the sound signals is made to have equal magnitudes for each 
of the frequency bands based on the measured levels of the individual 
frequency bands. 



4 



[Name of Document] Specification 

[Title of tlie invention] AUDIO OUTPUT APPARATUS 

[Technical Field] 
[0001] 

The present invention relates to an audio output apparatus which 
emits a plurality of sounds at the same time in different directivities 
individually. 

[Background of the Invention] 
[0002] 

As typified by a drop in the price of the plasma television, the screen 
of television receivers for ordinary households is becoming greater. For the 
diversity of television receivers using a large screen such as a wide screen in 
particular, there are many plasma television receivers which have a function 
that the screen is split into two parts to watch different programs (contents) at 
the same time. At this time, it is easy to watch the desired contents of 
pictures shown on the screen in multiple windows. However, when sounds 
are normally outputted at the same time, it is almost impossible to select only 
the sounds desired to hear. On this account, in the television receiver 
having the function to split the screen into two parts, sounds of first contents 
are outputted from speakers, and sounds of second contents are outputted 
from earphones. However, in the case of the television receiver like this, a 
viewer who watches the second contents has to use earphones all the time, 
causing a problem that usability is not excellent. 
[0003] 

Then, an audio output apparatus is proposed in which directivity is 
controlled to output sounds in such a way that a plurality of sounds is 
provided with different directivities individually (for example, see Patent 
Reference 1). In this audio output apparatus, it is proposed to use an array 
speaker for control over sound directivity. The array speaker has an 
advantage that has excellent control over directivity and can output a plurality 
of sounds in different directivities at the same time. In recent years, base 
technologies for the array speaker such as a digital amplifier and a 
small-sized full range speaker are progressing, and a digital processing 
circuit for delay and signal processing is reducing in price. Therefore, it is 
effective to use the array speaker for control over sound directivity. 
[0004] 

Here, the principle of an array speaker in a delay array system which 
is effective for directivity control and known for a long time will be described 
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with reference to Fig. 13. It is considered that a large number of small-sized 
speakers 201-1 to 201-n are arranged linearly, a straight line connecting a 
focal point P to each of the speakers 201-1 to 201-n is extended, and virtual 
speakers 202-1 to 202-n indicated by broken lines shown in Fig. 13 are 
arranged on the intersection points of the extended straight lines with an arc 
Z, where the arc is Z that the distance from the position of a wall or the 
acoustic reflector (the focal point) P is L. Since the distance from the virtual 
speakers 202-1 to 202-n to the focal point P is all L, sounds emitted from 
each of the speakers 202-1 to 202-n reach the focal point P at the same time. 
[0005] 

In order to reach the sounds emitted from an actual speaker 201 -i (i 
= 1, 2 n) to the focal point P at the same time, it is sufficient to add a delay 
(time difference) corresponding to the distance between the speaker 201-i 
and the virtual speaker 202-i corresponding thereto to the sounds outputted 
from the speaker 201-i. More specifically, when seen from the focal point P, 
the virtual speakers 202-1 to 202-n are controlled as though they are 
arranged on the arc Z. Accordingly, at the focal point P, the output phases 
of the individual speakers 201-1 to 201-n are aligned, and a peak of sound 
pressure is formed. Consequently, directivity distribution can be obtained as 
though a sound wave beam is emitted toward the focal point P. 
[0006] 

Patent Reference 1: JP-A-H1 1-027604 
[Disclosure of Invention] 
[Problem to be solved by the invention] 
[0007] 

As described above, in the array speaker in the delay array system, 
it has an advantage that only the delay time is changed to move the 
orientation of sounds freely and a plurality of sounds can be outputted in 
different directivities at the same time. However, in the case of the audio 
output apparatus of Patent Reference 1 using the array speaker like this, it 
has some points to be problems for practical use. 
[0008] 

Fig. 14 shows an exemplary polar pattern in simulation. This 
simulation is the case in which the focal point is formed at the front by a 
practical array speaker which is linearly arranged to have the total array 
width of about one meter. The front is the upper side in Fig. 14. According 
to the exemplary simulation shown in Fig. 14, it is revealed that with respect 
to a high audibility sound of 2 kHz, a sound pressure difference of 20 dB can 
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be realized at the position two meters distant from tine array speaker in the 
direction at an angle of 30 degrees distant from the central direction of 
directivity. This sound pressure difference allows a viewer in the central 
direction of directivity to hear the sounds of contents at the moderate sound 
level and another viewer at the different position to hear the sounds of the 
same contents at a low sound level. When a plurality of sounds is outputted 
in different directivities as the audio output apparatus of Patent Reference 1, 
for individual viewers, they hear mixed sounds of the sounds of contents that 
the viewers desire to hear at the moderate sound level with the sounds of the 
other contents at the low sound level (disturbance sound). 
[0009] 

The importance in the audio output apparatus of Patent Reference 1 
is that the sounds of the other contents become the sound level smaller 
enough than the sounds of contents that are desired to hear. When there is 
a sound pressure difference like this, the masking effect that is the 
characteristic of audibility and the cocktail party effect that is the 
characteristic of psychoacoustics serve in a manner to aid hearing target 
sounds. Therefore, the viewer can hear the target sounds of contents 
among a plurality of sounds. 
[0010] 

However, when the absolute sound levels of a plurality of sound 
signals inputted to the array speaker are greatly varied, the sound pressure 
difference realized by directivity control over the array speaker is likely to be 
cancelled. When the sound pressure difference between the target contents 
and the other contents becomes insufficient, the sounds of the other contents 
become annoying, and at the worst, the target sounds of contents cannot be 
heard. For the reason why the sound pressure difference between the target 
contents and the other contents become insufficient, two reasons can be 
mainly considered. 
[0011] 

The first reason is that the recording levels of sounds are varied at 
each of the contents. Since it is natural that the recording levels of sounds 
are varied at each of the contents, a volume control of the audio output 
apparatus sets the sound level of each of the contents to the optimum value 
(the value that the separation of audibility becomes optimum at the positions 
of the individual viewers). However, even though the volume control is set 
to the optimum value during the playback of certain contents, this setting for 
the volume control might not be suitable in the playback of the other contents. 
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When the volume control is set unsuitably in this manner, the sound pressure 
difference of the contents different from the target contents becomes 
insufficient, and the separation of audibility is deteriorated. In order to 
improve hearing the target sounds of contents, the volume control needs to 
be adjusted for each of the contents. 
[0012] 

The second reason is that the sound level of contents is changed at 
any time. For example, when a sound such as an explosion sound is played 
at a high sound level in different contents while a silent section is continued 
in target contents, this change in the sound level reverses the sound 
pressures of the target contents and the other contents. 
[0013] 

In addition, for another problem that affects the separation of 
audibility, there is a problem that it is difficult to perform directivity control 
over a wide sound frequency band. When a delay array is taken as an 
example, the main lobe width of directivity is determined by the ratio of a 
signal wavelength to the width of an array speaker. High audio frequencies 
have strong directivity, whereas low audio frequencies have weak directivity. 
With reference to Fig. 14, it is revealed that directivity is changed by 
frequencies. The directivity becomes weak in the low audio frequencies, and 
it is difficult to secure the separation. On the other hand, in high audio 
frequencies that are wavelengths shorter than the pitch between speaker 
units of the delay array, a grating lobe is generated in a directivity pattern, 
and a side lobe is generated in the directivity pattern even in the wavelengths 
longer than those frequencies. Therefore, the grating lobe and the side lobe 
might deteriorate the separation of audibility. 
[0014] 

The invention has been made to solve the problems. An object is to 
provide an audio output apparatus which can separate sounds that individual 
viewers desire to hear from other sounds to listen to the sounds excellently in 
a system which individually emits a plurality of sounds in different directivities 
at the same time, that is, an audio output apparatus which can improve the 
separation of audibility of a plurality of sounds. 
[Means for solving the invention] 
[0015] 

An audio output apparatus of the present invention includes: a 
measuring module which measures a plurality of levels of sound signals 
inputted; a sound level adjusting module which adjusts gains based on the 
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levels measured at the measuring module and outputs a plurality of the sound 
signals in equal magnitudes; and an array speaker unit which emits a plurality 
of sounds in accordance with the plurality of the sound signals outputted from 
the sound level adjusting module in different directivities individually. 

Further, an audio output apparatus of the invention includes: a 
measuring module which measures a plurality of levels of sound signals 
inputted; a sound level adjusting module which adjusts gains based on the 
levels measured at the measuring module and outputs a plurality of sound 
signals so that a level difference between at least two sound signals specified 
by a viewer is made constant among the plurality of the sound signals; and an 
array speaker unit which emits a plurality of sounds in accordance with the 
plurality of the sound signals outputted from the sound level adjusting module 
in different directivities individually. 
[0016] 

An audio output apparatus of the invention includes: a measuring 
module which measures a plurality of levels of sound signals inputted; a 
compression module which compresses a plurality of dynamic ranges of the 
sound signals to a predetermined value or below based on the levels 
measured at the measuring module and outputs a plurality of sound signals 
after the dynamic ranges are compressed; and an array speaker unit which 
emits a plurality of sounds in accordance with the plurality of the sound 
signals outputted from the compression module in different directivities 
individually. 

An audio output apparatus of the invention includes: a frequency 
control module which limits or emphasizes a plurality of frequency bands of 
sound signals inputted; and an array speaker unit which emits a plurality of 
sounds in accordance with the plurality of the sound signals outputted from 
the frequency control module in different directivities individually. 
[0017] 

In the first arrangement example of the audio output apparatus, the 
measuring module separates the plurality of the sound signals into a plurality 
of frequency bands to measure levels, and the sound level adjusting module 
assigns weights on the measured levels of the individual frequency bands 
with a preset weight for each of the frequency bands to adjust gains based on 
the weighted levels of the individual frequency bands, and outputs the 
plurality of the sound signals in equal magnitudes. 

Further, in the first arrangement example of the audio output 
apparatus, the measuring module separates the plurality of the sound 
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signals into a plurality of frequency bands to measure levels, and the sound 
level adjusting module adjusts and outputs gains so that the plurality of the 
sound signals is made to have equal magnitudes for each of the frequency 
bands based on the measured levels of the individual frequency bands. 

[Effect of the invention] 
[0018] 

According to the invention, by providing the measuring module which 
measures a plurality of levels of sound signals inputted and the sound level 
adjusting module which adjusts gains based on the levels measured at the 
measuring module and outputs a plurality of the sound signals in equal 
magnitudes, the sound level is adjusted so as to equal a plurality of the levels 
of the sound signals outputted from the sound level adjusting module to the 
array speaker unit. Therefore, such work is eliminated that a volume control 
is adjusted at each item of the contents. In addition, a problem can be 
relaxed that when target sounds reach a low sound level, they are lost in 
other sounds and the target sounds cannot be heard. Therefore, according 
to the invention, the separation of audibility of a plurality of sounds can be 
improved, whereby the individual viewers can excellently listen to the sounds 
desired to hear, and an audio output apparatus can be provided for practical 
use which emits a plurality of sounds in different directivities individually at 
the same time. 
[0019] 

In addition, by providing the measuring module which measures a 
plurality of levels of sound signals inputted and the sound level adjusting 
module which adjusts gains based on the levels measured at the measuring 
module and outputs a plurality of sound signals so that a level difference 
between at least two sound signals specified by a viewer is made constant 
among the plurality of the sound signals, the sound level is adjusted so that 
that the level difference between at least two sound signals specified by a 
viewer is made constant among a plurality of the sound signals outputted 
from the sound level adjusting module to the array speaker unit. Therefore, 
the subjective and psychological separation can be improved between the 
contents having a great psychological difference in audibility for the audibility 
characteristic other than a volume control such as difference in the frequency 
bands of the contents and the difference in the ratio of euphonic changes 
(double or long consonants and syllabic n) because of the differences in 
languages. 
[0020] 
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In addition, by providing tlie measuring module winicli measures a 
plurality of levels of sound signals inputted and the compression module 
which compresses a plurality of dynamic ranges of the sound signals to a 
predetermined value or below based on the levels measured at the measuring 
module and outputs a plurality of sound signals after the dynamic ranges are 
compressed, a plurality of the dynamic ranges of the sound signals is 
compressed to a predetermined value or below, the sound signals are 
outputted from the sound level adjusting module to the array speaker unit. 
Therefore, the dynamic ranges of each item of contents can be aligned. In 
addition, the dynamic range is compressed to relax problems that target 
sounds are lost in other sounds because they are at a low sound level and 
that target sounds interfere with other sounds. Therefore, according to the 
invention, the separation of audibility of a plurality of sounds can be improved. 
Since the compression of the dynamic range is an effective technique when 
environmental noise is great such as a car stereo, it is useful in a system 
which outputs a plurality of sounds at the same time. 
[0021] 

In addition, by providing the frequency control module which limits a 
plurality of frequency bands of sound signal inputted, a plurality of the sound 
signals is outputted to the array speaker unit after removal of low audio 
frequencies that are difficult for directivity control. Thus, the directivity of 
each of a plurality of sounds emitted from the array speaker unit in 
accordance with a plurality of the sound signals can be enhanced. After 
removal of the high audio frequencies that cause generation of a grating lobe 
and a side lobe of a directivity pattern, a plurality of the sound signals is 
outputted to the array speaker unit, whereby a grating lobe and a side lobe 
can be prevented from being generated in a directivity pattern of each of a 
plurality of sounds emitted from the array speaker unit in accordance with a 
plurality of the sound signals. Alternatively, by providing the frequency 
control module which emphasizes a plurality of frequency bands of sound 
signal inputted, a specific frequency band of excellent directivity control can 
be emphasized relatively with respect to low audio frequencies and high 
audio frequencies. Therefore, the separation of audibility and the 
psychological separation of a plurality of sounds can be improved. 
[0022] 

In addition, a plurality of sound signals is separated into a plurality 
of frequency bands to measure a level, and the measured levels of the 
individual frequency bands are assigned with weights with a weight for each 
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of the frequency bands to adjust gains of a plurality of the sound signals 
based on the weighted levels of the individual frequency bands. Therefore, 

the levels of psychological audibility are matched with each other to expect 

an improved separation. 

[0023] 

In addition, gains are adjusted so as to equal a plurality of sound 
signals at each frequency band. Therefore, the masking effect of a plurality 
of the sound signals to each other can be worked more effectively, and an 
improved separation can be expected. 
[Best Mode for Carrying out the Invention] 
[0024] 

First Embodiment 

Hereinafter, embodiments of the invention will be described in detail 
with reference to the drawings. Fig. 1 is a diagram illustrative of the 
principle of a first embodiment. 

As similar to the audio output apparatus before, in an audio output 
apparatus according to the embodiment, directivity is controlled to emit 
sounds S1 and S2 from an array speaker unit SParray so that the first sound 
S1 and the second sound S2 separately have different directivities. However, 
at this time, the sound levels are adjusted so as to equal the levels of a first 
sound signal chO to a second sound signal ch1 which are the base of the 
sounds S1 and S2, and the sound signals chO and ch1 are inputted to the 
array speaker unit SParray. 
[0025] 

Fig. 2 is a block diagram depicting the configuration of the audio 
output apparatus according to the first embodiment of the invention. The 
audio output apparatus shown in Fig. 2 has a measuring circuit 9 which 
measures the level of the first sound signal chO, a measuring circuit 10 which 
measures the level of the second sound signal ch1, a sound level adjusting 
circuit 11 which adjusts the level of the first sound signal chO, a sound level 
adjusting circuit 12 which adjusts the level of the second sound signal chl, a 
gain control circuit 13 which sets the gain coefficients of the sound level 
adjusting circuits 11 and 12, a delay circuit 1 which adds the delay time 
corresponding to a desired directivity to an output signal of the sound level 
adjusting circuit 12, a multiplier 2 (2-1 to 2-n) which multiplies the output of 
the delay circuit 1 by the gain coefficient to adjust it to a desired level, a 
delay circuit 3 which adds the delay time corresponding to a desired 
directivity to the output signal of the sound level adjusting circuit 12, a 
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multiplier 4 (4-1 to 4-n) which multiplies the output of the delay circuit 3 by 
the gain coefficient to adjust it to a desired level, an adder 5 (5-1 to 5-n) 
which adds an output signal of the multiplier 2 to an output signal of the 
multiplier 4, an amplifier 6 (6-1 to 6-n) which amplifies an output signal of the 
adder 5, a speaker unit 7 (7-1 to 7-n) which is driven by the amplifier 6, and a 
directivity control unit 8 which sets the delay times of the delay circuits 1 and 
3. 

[0026] 

The audio output apparatus according to the embodiment is formed 
in which the array speaker unit which is formed of the delay circuits 1 and 3, 
the multipliers 2 and 4, the adder 5, the amplifier 6 and the speaker unit 7 is 
added with the measuring circuits 9 and 10, the sound level adjusting circuits 
11 and 12, and the gain control circuit 13. A sound level adjusting module is 
configured of the sound level adjusting circuits 11 and 12 and the gain control 
circuit 1 3. 
[0027] 

Next, the operation of the audio output apparatus according to the 
embodiment will be described. The first sound signal chO is inputted to the 
measuring circuit 9 and the sound level adjusting circuit 11, and the second 
sound signal ch1 is inputted to the measuring circuit 10 and the sound level 
adjusting circuit 12. 

The measuring circuit 9 at any time measures the level of the first 
sound signal chO, and the measuring circuit 10 at any time measures the 
level of the second sound signal chl. The measuring circuits 9 and 10 use 
the absolute value of the signal to measure the levels of the sound signals 
chO and ch1 by peak holding having a time constant, envelope detection and 
the like. 
[0028] 

The gain control circuit 13 sets the gain coefficients of the sound 
level adjusting circuits 11 and 12 so that the levels of the sound signals chO 
and chl outputted to the array speaker unit (the delay circuits 1 and 3) are 
equal to each other based on the difference between the level of the sound 
signal chO measured at the measuring circuit 9 and the level of the sound 
signal chl measured at the measuring circuit 10. 
[0029] 

The gain control circuit 13 outputs the gain coefficient in accordance 
with the difference between the level of the first sound signal chO measured 
at the measuring circuit 9 and the level of the second sound signal chl 
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measured at the measuring circuit 10. Tlie input/output characteristics of 
the sound level adjusting circuits 11 and 12 are the characteristic that 
subtracts the difference between the levels of the sound signals chO and chl 
to be outputted to the delay circuits 1 and 3. The input/output 
characteristics of the sound level adjusting circuits 11 and 12 controlled by 
the gain control circuit 13 are shown in Fig. 3. In Fig. 3, CO is an 
input/output characteristic when the difference between the levels of the 
sound signals chO and chl is zero, CI is an input/output characteristic when 
the level difference is positive, and C2 is an input/output characteristic when 
the level difference is negative. 
[0030] 

When the level of the first sound signal chO is greater than that of 
the second sound signal ch1, the gain control circuit 13 reduces the gain 
coefficient to be set to the sound level adjusting circuit 11 as well as 
increases the gain coefficient to be set to the sound level adjusting circuit 12. 
Suppose the states are changed from the state of the equal levels of the 
sound signals chO and ch1 to the state of the great level of the sound signal 
chO, the level difference that the level of the sound signal chl is subtracted 
from the level of the sound signal chO is changed to the positive value. 
Therefore, the input/output characteristic of the sound level adjusting circuit 
1 1 is changed from the characteristic CO to CI shown in Fig. 3, and the level 
difference that the level of the sound signal chO is subtracted from the level 
of the sound signal ch1 is changed to the negative value. Thus, the 
characteristic of the sound level adjusting circuit 12 is changed from the 
characteristic CO to C2. When the level of the first sound signal chO is 
smaller than that of the second sound signal chl, the gain control circuit 13 
increases the gain coefficient to be set to the sound level adjusting circuit 11 
as well as reduces the gain coefficient to be set to the sound level adjusting 
circuit 12. 
[0031] 

When the difference between the levels of the sound signals chO and 
chl to be inputted to the measuring circuits 9 and 10 is changed, the gain 
coefficient to be set to the sound level adjusting circuits 11 and 12 is 
changed as well. However, when the gain coefficient is instantaneously 
changed in response to the change in the level difference, an unnatural 
feeling is given in audibility. Then, the gain control circuit 13 causes the 
gain coefficient to be changed at a certain time constant with respect to the 
change in the level difference. 
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[0032] 

The sound level adjusting circuit 11 multiplies the inputted first 
sound signal chO by the gain coefficient set by the gain control circuit 13, and 
thus adjusts and outputs the level of the first sound signal chO. Similarly, 
the sound level adjusting circuit 12 multiplies the inputted second sound 
signal ch1 by the gain coefficient set by the gain control circuit 13, and thus 
adjusts and outputs the level of the second sound signal chl. 
[0033] 

The first sound signal chO having passed through the sound level 
adjusting circuit 1 1 is inputted to the delay circuit 1, and becomes first sound 
signals chO' by the number of the speaker units, each of which is added with 
the delay time by the delay circuit 1. The delay time that is added to the first 
sound signal at the delay circuit 1 is adjusted so that the first sound SI 
corresponding to the first sound signal is directed toward the focal point 
which is freely set, the first sound signal is supplied to the speaker unit 7-i (i 
= 1, 2, to n). More specifically, as similar to the array speaker unit before, 
the delay time at the delay circuit 1 is calculated for each of the speaker units 
by the directivity control unit 8 based on the position of the focal point and 
the position of each of the speaker units 7-1 to 7-n, and is set to the delay 
circuit 1. The first sound signal chO' added with the delay time by the delay 
circuit 1 is adjusted to a desired level by the multipliers 2-1 to 2-n. Each of 
the first sound signals chO' may be multiplied by a coefficient of a 
predetermined window function by the multipliers 2-1 to 2-n. 
[0034] 

Similarly, the second sound signal chl having passed through the 
sound level adjusting circuit 12 becomes second sound signals ch1' by the 
number of the speaker units, each of which is added with the delay time by 
the delay circuit 3. The delay time that is added to the second sound signal 
by the delay circuit 3 is adjusted so that the second sound S2 corresponding 
to the second sound signal is directed toward the focal point which is 
different from that of the first sound SI. The second sound signal chl' 
added with the delay time by the delay circuit 3 is adjusted to a desired level 
by the multipliers 4-1 to 4-n. 
[0035] 

Subsequently, the outputs of the multipliers 2-1 to 2-n are added to 
the outputs of the multipliers 4-1 to 4-n by the adders 5-1 to 5-n, the outputs 
of the adders 5-1 to 5-n are amplified by the amplifiers 6-1 to 6-n, and sounds 
are emitted from the speaker units 7-1 to 7-n. The signals outputted from 
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each of the speaker units 7-1 to 7-n interfere with each other in spaces to 
form the beam of the first sound S1 and the beam of the second sound S2. 

As shown in Fig. 1, the first sound S1 goes toward a first viewing position of 
U1, and the second sound S2 goes toward a second viewing position of U2. 
[0036] 

Fig. 4 shows an exemplary use form of the audio output apparatus. 
The example shown in Fig. 4 depicts the audio output apparatus for use in a 
system which outputs pictures and sounds of a plurality of contents (for 
example, a sports program and a news program) at the same time. 
The pictures of a plurality of the contents are displayed on multiple windows 
at the same time. Each of the sounds of a plurality of the contents is emitted 
from the audio output apparatus in different directivities individually. Thus, 
for example, a viewer on the left side of a room and a viewer on the right side 
of the room can listen to different sounds. 
[0037] 

Fig. 5 shows another exemplary use form of the audio output 
apparatus. The example shown in Fig. 5 depicts the audio output apparatus 
for use in a system which outputs a single picture and two sounds contained 
in a single item of contents at the same time. For the example of the 
contents like this, there is broadcasting in two languages in which the audio 
output apparatus emits sounds so that a main sound and a sub sound are 
provided with different directivities individually. Thus, the viewer on the left 
side of the room can listen to the main sound, for example, and the viewer on 
the right side of the room can listen to the sub sound, for example. 
[0038] 

According to the embodiment, the gain coefficients of the sound 
level adjusting circuits 11 and 12 are set so as to equal the levels of the 
sound signals chO and chl to be outputted to the array speaker unit. 
Therefore, such work can be eliminated that the volume control is adjusted 
for each of the contents. In addition, a problem can be relaxed that when 
the target sounds of contents reach the low sound level, the sounds are lost 
in the sounds of the other contents and the target sounds cannot be heard. 
Therefore, in the embodiment, the separation of audibility for the sound 
signals chO and chl can be improved, and the individual viewers can listen to 
the sounds desired to hear. 
[0039] 

Second Embodiment 

Next, a second embodiment of the invention will be described. Fig. 
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6 shows a block diagram depicting the configuration of an audio output 
apparatus according to the second embodiment of the invention, and the 
same numerals and signs are designated to the same configuration as that 
shown in Fig. 1. The audio output apparatus according to the embodiment 
shows a more specific example of the first embodiment. 
[0040] 

A measuring circuit 9 according to the embodiment is formed of a 
rectifier circuit 101 and peak hold circuits 102 and 103. The rectifier circuit 
101 rectifies the inputted first sound signal chO to the absolute value. The 
peak hold circuits 102 and 103 hold and output the greatest value among 
input values up to now in such a way that the hold value is maintained when 
the value inputted from the rectifier circuit 101 is equal to or the current hold 
value greater whereas an input value is made to a new hold value when the 
input value exceeds the hold value. When such a state continues that the 
input value is the hold value or below, the hold value gradually drops at a 
given time constant. The time constant of the peak hold circuit 102 is set 
shorter than the time constant of the peak hold circuit 103. 
[0041] 

Similarly, a measuring circuit 10 is formed of a rectifier circuit 104 
and peak hold circuits 105 and 106. The time constants of the peak hold 
circuits 105 and 106 may be the same as the time constants of the peak hold 
circuits 102 and 103, respectively. 
[0042] 

Next, a gain control circuit 13 is formed of subtracters 107, 110, 113 
and 116, gain tables 108, 111, 114 and 117, low pass filters 109, 112, 115 
and 118, and adder s11 9 and 120. 
[0043] 

The subtracter 107 calculates the level difference that the output of 
the peak hold circuit 105 is subtracted from the output of the peak hold circuit 

102. The subtracter 110 calculates the level difference that the output of the 
peak hold circuit 106 is subtracted from the output of the peak hold circuit 

103. The subtracter 113 calculates the level difference that the output of the 
peak hold circuit 102 is subtracted from the output of the peak hold circuit 
105. The subtracter 116 calculates the level difference that the output of the 
peak hold circuit 103 is subtracted from the output of the peak hold circuit 
106. 

[0044] 

In the gain tables 108, 111, 114 and 117, the level difference 



17 



between the sound signals is associated with the gain coefficient and 
registered beforehand. The gain tables 108, 111, 114 and 117 read and 

output the gain coefficients in accordance with the level differences 

calculated at the subtracters 107, 110, 113 and 116. 

[0045] 

The gain coefficients outputted from the gain tables 108 and 111 
pass through the low pass filters 109 and 112, respectively, they are added 
by the adder 119, and the gain coefficient after added is set to a sound level 
adjusting circuit 11. In addition, the gain coefficients outputted from the gain 
tables 114 and 117 pass through the low pass filters 115 and 118, they are 
added by the adder 120, and the gain coefficient after added is set to a sound 
level adjusting circuit 12. 
[0046] 

The low pass filters 109, 112, 115 and 118 smoothly change the gain 
coefficient at a given time constant. In addition, the time constant of the low 
pass filter 109 is set shorter than the time constant of the low pass filter 112. 
The time constant of the low pass filter 115 may be the same as the time 
constant of the low pass filter 109, and the time constant of the low pass filter 
118 may be the same as the time constant of the low pass filter 112. 
[0047] 

The operation of the sound level adjusting circuits 11 and 12 after 
the gain coefficients are set, and the operation of the array speaker unit 
formed of delay circuits 1 and 3, multipliers 2 and 4, an adder 5, an amplifier 
6, and a speaker unit 7 are the same as those of the first embodiment. 
[0048] 

In the embodiment, the time constants of the peak hold circuits 102 
and 105 are set shorter than the time constants of the peak hold circuits 103 
and 106. The time constants of the low pass filters 109 and 115 are set 
shorter than the time constants of the low pass filters 112 and 118. Two 
each of the peak hold circuit, the gain table, and the low pass filter are set to 
the gain coefficient for the sound level adjusting circuits 11 and 12, and two 
types of the time constants are provided for adjusting the sound level. Thus, 
the sound level adjustment in accordance with a short term change in the 
level difference between the first sound signal chO and the second sound 
signal chl and the sound level adjustment in accordance with a long term 
change in the level difference can be done at a given ratio. Although a 
shorter time constant is better in order to follow a momentary change in the 
level difference, it is not good to offend the ears by such changes that the 
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volume control is changed at random. Therefore, the configuration 
according to the embodiment allows a proper setting of the balance between 
the sound level adjustment in accordance with a short term change in the 
level difference and the sound level adjustment in accordance with a long 
term change in the level difference. 
[0049] 

Third Embodiment 

In the first and second embodiments, the gain coefficients of the 
sound level adjusting circuits 11 and 12 are set so as to equal the levels of 
the first sound signal chO and the second sound signal chl outputted to the 
array speaker unit (the delay circuits 1 and 3). However, the gain 
coefficients may be set so that the difference between the first sound signal 
chO and the level of the second sound signal chl is made constant. 
[0050] 

Fig. 7 is a block diagram depicting the configuration of an audio 
output apparatus according to a third embodiment of the invention, and the 
same numerals and signs are designated to the same configuration as that 
shown in Fig. 6. In the audio output apparatus according to the embodiment, 
a gain control circuit 13a is used instead of the gain control circuit 13 shown 
in Fig. 6. The gain control circuit 13a is added with a function that adds a 
given amount of offset set by a viewer to the outputs of the subtracters 107, 
110, 113 and 116 in the gain control circuit 1 3. 
[0051] 

For example, when it is desired to increase a certain amount of the 
level of the first sound signal chO with respect to the second sound signal chl, 
the offset amount is added to the outputs of subtracters 113 and 116 by an 
offset generating circuit 121, whereas the offset amount is not added to the 
outputs of subtracters 107 and 110. 

Thus, since the level difference added with the offset amount is 
inputted to the gain tables 114 and 117, the gain coefficients outputted from 
the gain tables 114 and 117 become smaller than those in the second 
embodiment. Therefore, since the gain coefficient to be set in a sound level 
adjusting circuit 12 becomes small, the level of the second sound signal ch1 
is smaller than the first sound signal chO by the amount corresponding to the 
offset amount. 
[0052] 

As described above, according to the embodiment, the level 
difference between the first sound signal chO and the second sound signal 
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ch1 can be made constant all the time. When a plurality of sounds is 
outputted at the same time, the provision of a certain differential some times 
improves subjective/psychological separations more than matching the sound 
levels of individual sounds. For example, it is unlikely to be interference 
even though English of the sub sound is heard louder more or less when a 
person who is not good at English listens to Japanese of the main sound in 
two languages. However, when he/she tries to listen to English, even a low 
sound level of Japanese becomes annoying. Then, when the sound level of 
Japanese of the main sound is made small, listening to English can be made 
easy. 
[0053] 

As described above, when the varied sound levels of individual 
sounds make listening easier, a viewer sets a desired sound level difference 
(offset amount) to the audio output apparatus. The gain control circuit 13a 
adds the offset amount to the input of the gain table with respect to the gain 
table corresponding to the sound that is specified by the viewer for a smaller 
sound level. In this manner, the viewer can provide a desired difference to 
the sound levels of the individual sounds. 
[0054] 

In addition, in the second and third embodiments, the sound levels 
of the sound signals chO and ch1 are adjusted based on the time constant 
corresponding to a short term change in the level difference between the first 
sound signal chO and the second sound signal ch1 and the time constant 
corresponding to a long term change in the level difference, but a single time 
constant may be sufficient. 
[0055] 

Fourth Embodiment 

Next, a fourth embodiment of the invention will be described. Fig. 8 
is a block diagram depicting the configuration of an audio output apparatus 
according to the fourth embodiment of the invention, and the same numerals 
and signs are designated to the same configuration as that shown in Fig. 2. 
In the audio output apparatus according to the embodiment, an array speaker 
unit formed of delay circuits 1 and 3, multipliers 2 and 4, an adder 5, an 
amplifier 6 and a speaker unit 7 is added with measuring circuits 9 and 10, 
sound level adjusting circuits 11 and 12 and gain control circuits 14 and 15. 
A compression module is configured of the sound level adjusting circuits 1 1 
and 12 and the gain control circuits 14 and 15. 
[0056] 
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The operations of the measuring circuits 9 and 10 are the same as 
those in the first embodiment. The time constant (release time) that 
determines the hold periods of peak hold circuits 126 and 128 is longer than 
the time constant (attack time) of a low pass filter in a gain control circuit, for 
example, it is a few milliseconds to a few seconds. A gain control circuit 14 
sets the gain coefficient of the sound level adjusting circuit 1 1 so that the 
dynamic range of the first sound signal chO (the level difference between the 
maximum sound and the minimum sound) that is outputted to the delay circuit 
1 is a predetermined value or below based on the level of the first sound 
signal chO measured at the measuring circuit 9. Similarly, a gain control 
circuit 15 sets the gain coefficient of the sound level adjusting circuit 12 so 
that the dynamic range of the second sound signal chl that is outputted to 
the delay circuit 3 is a predetermined value or below based on the level of the 
second sound signal chl measured at the measuring circuit 10. 
[0057] 

The gain control circuits 14 and 15 have gain tables 129 and 131 in 
which the level of the sound signal is associated with the gain coefficient and 
registered. They read and output the gain coefficients in accordance with 
the levels measured at the measuring circuits 9 and 10. In accordance with 
the gain tables, the gain control circuits 14 and 15 set the gain coefficients to 
reduce the dynamic range of the sound signal in such a way that they set a 
greater gain coefficient at the level of a certain threshold or below whereas 
they set a smaller gain coefficient at the level greater than the threshold. 
The gain coefficients outputted from the gain tables 129 and 131 pass 
through low pass filters 130 and 132, and are set to the sound level adjusting 
circuits 11 and 12. The time constant (attack time) of the low pass filters 
that the gain coefficients follow as the level is increased is, for example, a 
few microseconds to one second. 
[0058] 

Consequently, the input/output characteristics of the sound level 
adjusting circuits 11 and 12 become the characteristic that compresses the 
dynamic ranges of the sound signals chO and chl to be outputted from the 
sound level adjusting circuits 11 and 12 to the delay circuits 1 and 3. The 
input/output characteristics of the sound level adjusting circuits 11 and 12 
controlled at the gain control circuits 14 and 15 are shown in Fig. 9. In Fig. 
9, C3 is an input/output characteristic when the dynamic range of the sound 
signal is not compressed, and C4 is an input/output characteristic when the 
dynamic range of the sound signal is compressed as in the embodiment. 
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[0059] 

When the levels of the sound signals chO and ch1 are changed, the 
gain coefficients to be set to the sound level adjusting circuits 11 and 12 are 
changed as well. However, when the gain coefficient is changed 
instantaneously in accordance with a level change, an unnatural feeling is 
given in audibility. Then, the gain control circuits 14 and 15 vary the gain 
coefficients at a certain time constant with respect to the level change. 
[0060] 

The operation of the sound level adjusting circuits 11 and 12 after 
the gain coefficients are set, and the operation of the array speaker unit 
formed of the delay circuits 1 and 3, the multipliers 2 and 4, the adder 5, the 
amplifier 6 and the speaker unit 7 are the same as those in the first 
embodiment. 
[0061] 

As described above, according to the embodiment, the gain 
coefficients of the sound level adjusting circuits 11 and 12 are set so that the 
dynamic ranges of the sound signals chO and chl to be outputted to the array 
speaker unit have a predetermined value or below. Thus, the dynamic 
ranges of each item of contents can be aligned. In addition, problems can 
be relaxed that when the target sounds reach a low sound level, the sounds 
are lost in other sounds and the target sounds cannot be heard, and that 
when the target sounds reach at a louder sound level, the sounds interfere 
with listening to other sounds and the other sounds cannot be heard. 
Therefore, in the embodiment, the separation of audibility for the sound 
signals chO and chl can be improved, individual viewers can excellently listen 
to the sounds desired to hear. 
[0062] 

Fifth Embodiment 

Next, a fifth embodiment of the invention will be described. Fig. 10 
is a block diagram depicting the configuration of an audio output apparatus 
according to the fifth embodiment of the invention, and the same numerals 
and signs are designated to the same configuration as that shown in Fig. 2. 
In the audio output apparatus according to the embodiment, the input of an 
array speaker unit formed of delay circuits 1 and 3, multipliers 2 and 4, an 
adder 5, an amplifier 6 and a speaker unit 7 is provided with band pass filters 
16 and 17 which are a frequency control module to limit the frequency band 
of a sound signal. 
[0063] 
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The first sound signal cliO is inputted to the band pass filter 16, and 
the second sound signal ch1 is inputted to the band pass filter 17. The 
sound signals chO and chl are band-limited by the band pass filters 16 and 
17, respectively, and for example, low audio frequency components equal to a 
few hundreds Hz or below and high audio frequency components higher than 
a few kHz are suppressed. 
[0064] 

The first sound signal chO having passed through the band pass 
filter 16 is inputted to the delay circuit 1, and the second sound signal chl 
having passed through the band pass filter 1 7 is inputted to the delay circuit 
3. 

The operation of the array speaker unit formed of the delay circuits 1 

and 3, the multipliers 2 and 4, the adder 5, the amplifier 6 and the speaker 

unit 7 are the same as that in the first embodiment. 

[0065] 

In the embodiment, by providing the band pass filters 16 and 17 to 
the input of the array speaker unit, the sound signals chO and chl are 
outputted to the array speaker unit after the low audio frequency components 
equal to a few hundreds Hz or below that are difficult for directivity control 
are suppressed. Therefore, the directivity of individual sounds can be 
enhanced that are emitted from the array speaker unit in accordance with the 
sound signals chO and chl. In addition, by providing the band pass filters 16 
and 17 to the input of the array speaker unit, the sound signals chO and ch1 
are outputted to the array speaker unit after the high audio frequency 
components that cause generation of a grating lobe and a side lobe in a 
directivity pattern are suppressed. Therefore, the generation of a grating 
lobe and a side lobe can be suppressed in the directivity pattern of individual 
sounds emitted from the array speaker unit in accordance with the sound 
signals chO and chl. Consequently, a problem can be relaxed that the low 
audio frequency components and the high audio frequency components of the 
sounds emitted from the array speaker unit in desired directivities are heard 
louder as well in the direction other than the desired direction. 
[0066] 

In addition, in the embodiment, in addition to a physical advantage 
that the separation is improved because of excellent directivity control, the 
frequency band of a few kHz that is excellent in directivity control is matched 
with the formant band. Therefore, this band is relatively emphasized with 
respect to the low audio frequencies and the high audio frequencies to 
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improve the clarity of liuman language, allowing easily focusing on the target 
sounds of contents. Thus, it can be expected to improve the separation 

psychologically. 
[0067] 

In addition, in the embodiment, the band pass filters are used. 
However, an equalizer (emphasis module) may be used which emphasizes 
the level of the frequency band of excellent directivity control instead of the 
band pass filters. Therefore, the same advantage can be obtained as similar 
to the case in which the band pass filters are used. 
[0068] 

In addition, when the characteristics of the band pass filter and the 
equalizer are optimized for each sound, a more excellent advantage can be 
expected. For example, since the usages of the vowels and the consonants 
are greatly different between Japanese language and European and American 
languages, frequency characteristic correction curves optimum to improved 
clarity are slightly different. Then, the characteristics of the band pass filter 
and the equalizer are optimized to individual languages, and thus the clarity 
of each language can be improved. 
[0069] 

Sixth Embodiment 

Next, a sixth embodiment of the invention will be described. Fig. 1 1 
is a block diagram depicting the configuration of an audio output apparatus 
according to the sixth embodiment of the invention, and the same numerals 
and signs are designated to the same configuration as that shown in Fig. 2. 
A measuring module is configured of band pass filters 18-1, 18-2, 19-1 and 
19-2 and measuring circuits 9-1, 9-2, 10-1 and 10-2. 
[0070] 

The band pass filter 18-1 extracts middle to high audio frequencies 
of a few kHz or above, for example, from the first sound signal chO, and the 
band pass filter 18-2 extracts low audio frequencies lower than those 
frequencies. Similarly, the band pass filter 19-1 extracts middle to high 
audio frequencies from the second sound signal chl, and the band pass filter 
19-2 extracts low audio frequencies. 

The measuring circuits 9-1 and 9-2 at any time measure the levels of 
the middle to high audio frequencies and the low audio frequencies of the 
sound signal chO, respectively, and the measuring circuits 10-1 and 10-2 
measure the levels of the middle to high audio frequencies and the low audio 
frequencies of the sound signal chl, respectively. 
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[0071] 

A gain control circuit 13b assigns weiglnts on tine levels of the 
individual frequency bands measured at the measuring circuits 9-1, 9-2, 10-1 
and 10-2 with the weight for each of predetermined frequency bands, combine 
the levels of the weighted individual frequency bands for each of sound 
signals, and determine the levels of the sound signals chO and ch1. Then, 
the gain control circuit 13b sets the gain coefficients of sound level adjusting 
circuits 11 and 12 so as to equal the levels of the sound signals chO and chl 
outputted to delay circuits 1 and 3 based on the difference between the level 
of the sound signal chO and the level of the sound signal chl thus determined. 
The weight for each of the frequency bands is determined depending on the 
difference of audibility sensitivity in each of the bands for viewers. For 
example, the weight is set in such a way that it is great in the middle audio 
frequencies of a few kHz in high audibility sensitivity whereas it is small in 
the low audio frequencies. 
[0072] 

As described above, in the embodiment, the sound signals chO and 
chl are separated into a plurality of the frequency bands to measure the 
levels, the measured levels of the individual frequency bands are assigned 
with weights by the weight for each of the frequency bands, and the gain 
coefficients of the sound level adjusting circuits 11 and 12 are set based on 
the weighted levels of the individual frequency bands. The assigning of 
weights for each of the frequency bands described above increases the level 
of the sound signal determined at the gain control circuit 13b when the level 
of the middle audio frequencies of a few kHz is high even though the average 
level of the all frequency bands is not great. Therefore, the gain coefficient 
of the sound signal is made small. 
[0073] 

The level of psychological audibility of a viewer is varied depending 
on the frequency band. In the embodiment, an improved separation can be 
expected by matching the levels of psychological audibility, not matching 
absolute levels of the sound signals chO and chl with each other. 
[0074] 

Seventh Embodiment 

Next, a seventh embodiment of the invention will be described. Fig. 
12 is a block diagram depicting the configuration of an audio output 
apparatus according to the sixth embodiment of the invention, and the same 
numerals and signs are designated to the same configuration as that shown 
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in Fig. 11. A sound level adjusting module is configured of sound level 
adjusting circuits 11-1, 11-2, 12-1 and 12-2, adders 20 and 21 and a gain 

control circuit 1 3c. 
[0075] 

The gain control circuit 13c according to the embodiment sets the 
gain coefficients of the sound level adjusting circuits 11-1, 11-2, 12-1 and 
12-2 for each of the frequency bands so as to equal the levels of the sound 
signals chO and chl outputted to delay circuits 1 and 3 based on the level 
difference in the individual frequency bands between the sound signals chO 
and chl measured at the measuring circuits 9-1, 9-2, 10-1 and 10-2. 
[0076] 

The sound level adjusting circuits 11-1 and 11-2 multiply the middle 
to high audio frequencies and the low audio frequencies of the sound signal 
chO inputted from band pass filters 18-1 and 18-2 by the gain coefficient for 
the middle to high audio frequencies and the gain coefficient for the low audio 
frequencies set by the gain control circuit 13c, and thus adjust the levels of 
the middle to high audio frequencies and the low audio frequencies of the 
sound signal chO and output them. Similarly, the sound level adjusting 
circuits 12-1 and 12-2 multiply the middle to high audio frequencies and the 
low audio frequencies of the sound signal chl inputted from the band pass 
filters 19-1 and 19-2 by the gain coefficient for the middle to high audio 
frequencies and the gain coefficient for the low audio frequencies set by the 
gain control circuit 13c, and thus adjust the levels of the middle to high audio 
frequencies and the low audio frequencies of the sound signal chl and output 
them. 
[0077] 

The adder 20 adds the outputs of the sound level adjusting circuits 
11-1 and 11-2, and the adder 21 adds the outputs of the sound level adjusting 
circuits 12-1 and 12-2. 

As described above, in the embodiment, the gain coefficients are 
adjusted so as to equal the levels of the sound signals chO and chl for each 
of the frequency bands. Therefore, the masking effect of the sound signals 
chO and chl to each other can be worked more effectively, and an improved 
separation can be expected. 

In addition, in the sixth and seventh embodiments, the frequency 
band of the sound signal is separated into two parts, but it is needless to say 
that it may be separated into more than two parts. 
[0078] 
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In addition, in the first to fourtli and sixtli and seventli embodiments, 
tlie level is measured on the input side of the sound level adjusting circuits 
11 and 12, but this scheme may be done in which the levels of the sound 
signals chO and chl are measured at the measuring circuit on the output side 
of the sound level adjusting circuits 11 and 12 and the measurement results 
are fed back to the gain control circuit. 

In addition, in the first to seventh embodiments, two sound signals 
chO and chl are processed, but it is needless to say that the sound signals 
more than two can be processed similarly. 
[0079] 

[Industrial Applicability] 

The invention can be adapted to a system which emits a plurality of 
sounds in different directivities individually at the same time. 
[Brief Description of the Drawings] 

Fig. 1 is a diagram illustrative of the principle of an audio output 
apparatus according to a first embodiment of the invention; 

Fig. 2 shows a block diagram depicting the configuration of the audio 
output apparatus according to the first embodiment of the invention; 

Fig. 3 is a diagram depicting the input/output characteristics of a 
sound level adjusting circuit which is controlled by a gain control circuit in the 
first embodiment of the invention; 

Fig. 4 is a diagram depicting an exemplary use form of the audio 
output apparatus; 

Fig. 5 is a diagram depicting another exemplary use form of the 
audio output apparatus; 

Fig. 6 is a block diagram depicting the configuration of an audio 
output apparatus according to a second embodiment of the invention; 

Fig. 7 is a block diagram depicting the configuration of an audio 
output apparatus according to a third embodiment of the invention; 

Fig. 8 is a block diagram depicting the configuration of an audio 
output apparatus according to a fourth embodiment of the invention; 

Fig. 9 is a diagram depicting the input/output characteristic of a 
sound level adjusting circuit which is controlled by a gain control circuit in the 
fourth embodiment of the invention; 

Fig. 10 is a block diagram depicting the configuration of an audio 
output apparatus according to a fifth embodiment of the invention; 

Fig. 11 is a block diagram depicting the configuration of an audio 
output apparatus according to a sixth embodiment of the invention; 
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Fig. 12 is a block diagram depicting the configuration an audio 
output apparatus according to a seventin embodiment of tine invention; 

Fig. 13 is a diagram illustrative of the principle of the array speaker; 

and 

Fig. 14 is a diagram depicting an exemplary polar pattern. 
[Explanation of sign] 
[0081] 

1,3. ..Delay circuit, 2,4... Multiplier, 5, 20, 21. ..adder, 6 ...amplifier, 7 ... 
speaker unit, 8 ... directivity control circuit, 9, 10 ... Measuring circuit, 11, 
12... volume adjusting circuit, 13, 13a, 13b, 13c, 14, 15 ... Gain control circuit, 
16, 17, 18, 19 ... Band pass filter, 101, 104, 125, 127 ... rectifier circuit, 102, 
103, 105, 106, 126, 128 ... peak hold circuits, 107, 110, 113, 116 subtracter, 
108, 111, 114, 117, 129, 131 ... gain table, 109, 112, 115, 118, 130, 132 ... 
low pass filter, 119, 120 ... adder, 121 ... offset generating circuit 



28 



[Name of Document] Abstract 
[Abstract] 

[Object] To improve separation of audibility of a plurality of sounds. 
[Solving means] 

An audio output apparatus has a measuring circuit 9, 10 which 
measures the levels of at least two sound signals chO, ch1, a sound level 
adjusting module (a sound level adjusting circuit 11, 12 and a gain control 
circuit 13) which adjusts a sound level so as to equal the levels of the sound 
signals chO, ch1 based on the levels measured at the measuring circuit, and 
an array speaker unit (a delay circuit 1, 3, a multiplier 2, 4, an adder 5, an 
amplifier 6 and a speaker unit 7) which emits sounds in accordance with the 
sound signals chO, chl outputted from the sound level adjusting module in 
different directivities individually. 
[Selected drawing] Fig. 2 
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